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Tide: METHOD AND SYSTEM FOR V0ICE-0VER4P 

COMMUNICATION 

]0 FIELD AND BACKGROUND OP THE INDENTION 

The present invention relates to voice-over-IP communication ai^d, more 
particularly, to a method and system of point-to-multipoint voice-over-IP 
commamcation. 

The Ethennet protocol is widely ii$ed in point-to-mulijpoiat communication in 
15 local area netv/orks (LANs). Figure 3 shows a typical Ethernet packet 10. More 
specifically, pgicket 10 i$ a "RIP over Ethernet" packet. Packet 10 includes a header 
12 followed by a payload 14. Header 12 includes 14 Ethernet header bytes foiiov/ed 
by 40 IP/UDP/RTP bytes. The number of bytes in payload 14 is application 
dependent. For voice communication, payload 14 typically is a G.729 payload of 20 
20 bytes. All the bytes of packet 10 are eight bits long 

Packet 10 would be an inefficient vehicle for voice-over-IP in other point to- 
multipoint systems, particvlarly in -wireless systems, for two reasons. First, in 
wireless systems, bandwidth is at a premium. Tlie high ratio of header b^tes to 
payload bytes in packet 10 would make inefficient use the bandwidth of a wireless 
25 system. Second, at 74 bytes total length, packet 10 is relatively short, Voice-cvcr-IP 
using packet 10 would entail transmitting a relatively large number of reLatively sshort 
packets. Wireless $y$Lein$ s-re a>o^ efficient when a xdntWdy small number of 
relatively long packets are transmitted. 
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There is thus a widely recognized need foij and it would be highly 
advantageous to haivc, a method of wireless voice-over-IP commujiicalion that makes 
more efficient use of the available bandwidth than presently known methods. 

In point-to-point packet coTTimurdcation, for example^ jti data and voice 

5 communicaiion over the Internet^ it is common to increase the efficiency of the 
communication by header compression. Once a communication session is 
established, the portion of the packet header that will remain constant during the 
course of the session is replaced by a shorter (tj^jically two bytes long) token, A 
traxtsmitting party replaces the constant part of tlie header with the token^ and the 

10 receiving pcnty expands the token into the constant part of the header. It should be 
noted that header compression is not used it» Elhemet LAN voice-over-TP^ 

A NOTE ON NOMENCLATURE 

Under the IEEE standard, the entities referred to herein as "packets'' are called 
1 5 "frames", and the entities referred to herein as *'8-bit bytes" are galled "octets". 

SUMMARY OF THE INVENTION 

According to the present invention there h provided a method of transnritting 
a plurality of voice communications frojm. rsspcctive end points to an access point, 

20 including 1ihe steps of; (a) providing a point-to-muhipoint network operative to send 
packets from the end points to the access point; (b) for each end point: (i) negotiating 
a nispective ahas with the access point, and (ii) confguiing the respective voice 
communication as a voice payload; (c) concatenating a single superpacket header with 
the aliases and with the voice payioads to fomi a superpacket; and (d) sending the 

25 sopeipacket to the access point via the point-to«mi3ltipoint network. 
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Preferably, the point-to-point network is configured according to OS! layer 1. 

Preferably, the access point receives the superpacket and unbundles the 
superpacket into a plurality of received packets, with each received packet 
corresponding to a respective voice packet and wi1h each received packet including a 
5 header configured according to the respective alias. 

Preferably, the voice payloads are G.729 payloads. 

Preferably, the superpacket header is an Ethernet header. 

Preferably, the aliases and the voice packets are interleaved within the 
$upeipacket. 

10 Preferably, the superpacket header inGludes a type f5eld that indicates that the 

superpacket header is followed by the aliases and by the voice packets. 

Preferably: each alias iiiGludes a respective station TD, and the negotiating of 
the aliases includes negotiating the respective station IDs, 

Preferably, the voice packets aie synchronized prior to being concatenated to 
1 5 form the superpacket. 

Preferably, the negotiating and the concatenating are effected only by 
providing, in the point-to-rtiiiltipoint network, a voice-over-IP gateway operative to 
effect the negotiating and the concatenating, and tihen effecting the negotiating and the 
concatenating using the voice-over-IP gateway. 
20 According to the present invention there is further provided a system for 

transmitting a plurality of voice packets from respective end points to an access point, 
including: (a) a voice-over-IP gateway for: (i) negotiating^ with the access point, a 
respective alias for each end point, (ti) receiving, from each end point, a respective 
voice payload, and (iii) concatenating a single s\iperpacket header with the aliases 



and with the voice payloads to foim a sup^rpacket; and (b) a incchanism for 
transmitting fte superpactet to the access point. 

Preferably* the mechanism includes either a wireless point-to-muitipoir^ 
neiwoik or a cable TV point-to-multipoint network. 
5 Preferably, the mechanism is conliguxed according to OSI layer 2, 

BRIEF DESCRIPTION OF THE DRAWINGS 

The inverition is herein described, by way of example only, with reference to 
the accompanjing drawings, wherein: 
10 FIG. 1 (prior art) shows a RTP over Ethernet packer ; 

FIG, 2 shews a system of the present invention^ 
FIG. 3 shows a supeipacket of tlie present invention. 

DESCRIPTTQN QF THE PREFERRE,D EMBODIMENTS 
15 The present invention is of a method 2nd system that can be ased for efficient 

voice-over-IP communication over a weless point to multipoint network. The 

present invention also i$ smtable for use in other point to multipoint networks, for 

example, cable TV networks. 

The principles and operation of point-to-multipoint voice-over~lP according lo 
20 the present invention may be better understood Avnh reference to the dia^v^dngs and tlie 

accompanying description. 

Referring again to the drawings, Pigiu-se 2 illustrates a system 20 of the present 

invention. Three end points (IP telephones) 22 are connected by respective twisted 

wire pairs 28 to a voice-over IP gate^^-ay 24, which in tmii is connected via a LAN 30 
25 to a mechanism 26 that provides wireless RF comaiunicaiion to an access point 32. 
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Access point 32 is in trni connected to a public switcjicd telephone network (PS W) 
34 via a second LAN 36. In tiie absence of gateway 24, end points 22 would be 
connected directly to mechanism 26 via LAN 30, and system 20 would be a prior ad- 
point-to-muitipoint network that exchanged voice-ovsr-lP packets between end points 

5 22 and PSTN 34 without header compression and packet bundling as described 
below. In particular, this prior art network would be configured according to OSI 
layer 2. Such networks also are referred to in the art as ''OSI layer 2 bridges'", or 
equivalently as "MAC (medium access control) layer bridges''. A particular feature 
of the present invention is that gateway 24 can be inserted into a prior ait OSI layer 7 

10 bridge, as shown^ with no other change to the e:^imng infrasmcture. In partimW, 
no change needs to be mad^ to the underlying OSI levels 1 {wireless PHY) mid 2 
(MAC) layers. 

End points tX transmit packets similai^ to packet 18 to gateway 24. In 
particular, the packets transmitted by end points 22 include G.729 voice payload$, 

15 each with 20 S-bit bytes. Gateway 24 performs header compression and bundling on 
these packets to create a "stipeipackef that is transmitted to access point 32 via 
mechanism 26, The header compression performed by gateway 24 is similar to the 
header compression performed in prior art poinl-to-point voice-over-IP s7stexns, 
except that because several end points 22 may be communicatiog with access point 32 

20 simultaneously, each time a specific end point 22 establishes a communication session 
With access point 32, that end point 22 and access point 32 negotiate a unique 2-byte 
"circuit description'' alias to use for that communication session. This circuit 
description alias includes a 6-bit station ID that identifies that specific end point 22. 

Figure 3 shows a superpacket 40 created by gateway 24 for transmission to 

25 access point 32^ in the course of three simtultaneous communication sessions by end 



points 22 with access point 32, It i$ assumed tiiat gateway 24 has received: Irom end 
point 22a, a respective volce-over-IP packet including a voice payload of 20 g^bit 
bvtes: from end point 22b, a respecnve voice-ovei-IP packet including a voice 
payload of 20 8-bit bytes; and from end point 22c, a respective voice-over-IP pacl'et 

5 including a voice payload of 20 8-bit bytes. SupeipacM 40 includes 74 8-bit b}te5 in 
the following order: an Ethernet-like header field 42 of 12 bytes, a type field 44 of 
two bytes, a circuit desciiption field 46a of two bytes, a pa>ioad field 48a of 20 bytes, 
a circuit description field 46b of two bytes, a payload field 48b of 20 hytes^ a circwt 
description field 46e of two bytes and a payload field 48c of 20 bytes. Header field 

10 42 and type field 44 together constitute the header of superpacket 40, Header field 42 
is similar to the first 12 bytes of header 12. Type field 44 contains a preselected code 
that indicates to access point 34 tlnat superpacket 40 is formatted according to thp 
present invention. The inclusion of type field 44 in superpacket 40 allows the use of 
other preselected codes to indicate that superpacket 40 is formatted according to prior 

J 3 art formats, thereby enabling system 40 to transparently transmit cither syperpackets 
40 of the present invention or prior art packets such as packet 10. Circuit descriptioii 
fields 463^ 46b and 46« contain, respectively, the circuit description aliases that have 
been negotiated between access point 32 and end points 22a. 22b and 22c. Payload 
fields 4Sa, 48b and 48c contain^ respectively, the voice payloads received from end 

20 points 22a, 22b and 22c. 

Because the tiansmission of the septate packets from end points 22 to 
gateway 24 is not synchronized, gateway 24 also synchionizes the received packets 
before assembling superpacket 40, 

Gateway 24 sends superpacket 40 to access point 32 via mechanism 26. By 

25 inspecting the contents of type field 44, access noint 32 determines that the packet it 
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has received is a supeipacket 40 of the present invention Access point .12 then 
unbundles superpackct 40 into tliicc packet$ 10, with payload 14 of each packet 10 
being the voice payload carried by a respective payload field 4Sa, 48b or 48c of 
superpackct 40 and with header 12 of each packet 10 being constructed in accorda^ice 
5 with the contents of the respective circuit description field 46a, 4*b or 46c. Access 
point 32 then sends the three packets lO to PSTN 34 via LAN 36- 

Tf the contents of type field 44 indicate that a received packet is a prior art 
packet rather than a siaperpacket 40 of the present invention, then gateway 24 sends 
the packet directly to PSTN 34 via LAN 36, 
10 The presence of three circuit descriptor fields 46 and three payload t'elds 48 in 

superpacket 40 is only exemplary. Superpscket 40 can be configured wth any 
convenient ntjmber of circuit de$criptor fields 46 and associated payload fields 48, 

As an example of the more efficient bandwidth use of the present invention, 
consider a system 20 configured according to the prior art {Ic, without gateway 24) 
]5 and sending three packets 10 (one packet from each of end points 22) to PSTN 34 
every 20 milliseconds (150 packets per second) via mechanism 26 and access point 
32, hence with a link latency of 20 milliseconds. Each packet 10 is 74 8-bit bytes 
long, so the bandwidth per channel of mechanism 26 is 74*150*5/3=^29,600 bps. 
Contrast this with system 20 configured accoiding to the present invention with 
20 gateway 24 and sending one superpfickst 40 evety 20 milliseconds to access point 32 
via mcchanis)!! 26. Supsrpacket 40 is 80 8-bit byies long, so the bandwidth per 
channel of mechanism 26 is SO'^SO^S/S^lO^ee? bps, which is almost a threefold 
improvement over the prior art, with no increase in link latency. 
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While the invention has been described with respect to a limited number of 
embodiments, it will be appreciated that many vaiiations, modifications and oilier 
appUcations of the invention may be made. 



